New feedback-cancellation algorithm reported to increase usable gain
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A hearing aid amplifies all sounds picked up by its microphone. Some of these sounds may be the output of the hearing aid traveling back into the microphone through an acoustic feedback path. The schematic in Figure 1 illustrates the relationship between the feedback path and the direct path inside the hearing aid. The feedback path may consist of a vent, or gaps between a loosely fitted earmold and the ear canal. Once it is picked up by the microphone, the feedback will be amplified by the hearing aid again.
The direct path from the microphone to the receiver inside the hearing aid and the feedback path outside the aid form a loop. If at any frequency the total gain exceeds the total attenuation in this loop, the system will become unstable and will oscillate. When that happens, the hearing aid has a feedback problem. The oscillation is heard as an annoying whistle, distorting the original signal.
To avoid feedback problems, the gain of the hearing aid must be held below a certain limit. However, doing this can create a new problem, since very often patients would benefit from gains above that limit. That extra gain may translate into improved audibility and speech understanding. Thus, feedback problems compromise the effectiveness of hearing aids, particularly for patients with severe losses. Therefore, to realize the full potential benefit of hearing aids, effective management of feedback problems is essential.
FEEDBACK-CANCELLATION TECHNOLOGY
Feedback problems have been managed in a number of ways. These include reducing gain, applying notched filters upon detection of feedback oscillation, or canceling the feedback signal based on the simulated feedback path. Cancellation technology enables the feedback problem to be resolved without compromising the gain.
An adaptive feedback-cancellation algorithm normally entails three steps: (1) estimating the feedback path and its characterization (e.g., impulse response), (2) modeling the estimated feedback path with a filter structure, and (3) updating the filter coefficients in response to changes in the feedback path when the hearing aid is in use.
Estimating the feedback path typically involves sending a broadband signal from the receiver and recording the signal at the microphone output, with the device in place for normal use. It should be noted that the total contribution to the feedback problem may include not only the acoustic path outside the hearing aid, but also the mechanical and electrical feedback inside the hearing aid. However, normally the acoustic path is dominant, and that is what is estimated and modeled in the feedback algorithm.
The effectiveness of the feedback-cancellation algorithm depends upon the accuracy with which the filter models the feedback path. Normally, the feedback-path impulse response has most of its energy contained within about 2 ms. 1 To provide a good description of the feedback path, the filter that mimics the path must be of comparable length.
Filter coefficients need to be updated quickly enoughoften within a small fraction of a second-to capture and follow changes in the acoustic environment, such as when a telephone handset is brought to the ear.
Feedback algorithms in existing hearing aid systems typically produce 5 to 15 dB of additional gain. 2, 3 In these systems, the computation power of the DSP circuit is limited by the low-voltage and low-power-consumption requirements and the strict constraint on chip size. Since the amount of computations for updating the filter coefficients and applying the filter to the signal is proportional to the filter length, limited computation power implies that the filter length is also limited. In other communica- tion systems where long-length filters can be used for modeling feedback paths, the benefit provided by echo-cancellation algorithms can be on the order of 60 dB (e.g., see a tutorial provided by the International Engineering Consortium, www.iec.org). This suggests that, for hearing aids, the key to the feedback-cancellation performance lies in the filter length.
ADAPTIVE ECHO CANCELLATION
The high-speed digital signal processing system (8-MHz clock with multifunction architect) in the Apherma hearing aid provided the foundation for a more effective feedback-cancellation algorithm. In this algorithm, called the adaptive echo cancellation (AEC), we supplied the resources necessary to support the memory and computation demand for employing a feedback-modeling filter with a length greater than 2 ms.
To evaluate the performance of the AEC, we measured the maximum gain attainable before a feedback problem occurred. In this measurement, all features other than the AEC were turned off. The gain was first set to create a feedback condition. It was then reduced by 1-dB steps until the feedback whistle subsided. Its final value was recorded as the maximum attainable gain before feedback.
The gain values were taken from displays of the fitting software. It is conceivable that the absolute gain values obtained this way would differ from those observed using real-ear acoustic measurements. However, any such discrepancy is not a major issue in this study, because our concern here is changes in gain, rather than the absolute values of gain.
To prevent the amplified sound from becoming too loud, the gain adjustment was carried out with a "Tilt-Hi" equalizer, which produces no change in gain at 250 Hz or below and maximum change at 4000 Hz or above, and proportional changes for frequencies in between.
The maximum attainable gain was estimated with the AEC either turned off or on. The difference between the two gain estimates is the additional gain, or the headroom, made available by the AEC algorithm. It also measures the effectiveness of the algorithm itself.
Six ears from four normal-hearing listeners were fitted: two with in-the-ear hearing aids (Apherma F180 on ears 1 and 2), three with half-shell instruments (Apherma H180 on ears 3, 4, and 5), and one with a completely-in-the-canal aid (Apherma C180 on ear 6). These devices had vents of varying sizes. Figure 2 shows the gain headroom obtained from the six ears.
All cases produced headroom greater than 16 dB. For ear #6, when the AEC was activated, the gain had reached the maximum limitation set in the fitting software without a feedback problem. Thus, the true headroom for ear #6 is greater than 23 dB. As a side note, in a number of cases, audiologists fitting Apherma hearing aids have observed headroom in excess of 20 dB.
Because of the use of the "Tilt-Hi" equalizer in gain adjustment, the additional gain brought by the AEC is smaller at lower frequencies than at higher frequencies. Figure 3 shows the distribution of the additional gain, averaged across the six ears, as a function of frequency.
In closing, it is shown here that, when the feedback path is modeled with a long filter under a high-speed signal processing system, the performance of the feedback-cancellation algorithm can be improved significantly over existing systems. Compared with the typical 5 to 15 dB additional usable gain in the hearing aid industry, our study of the AEC feedback algorithm showed a benefit in the range of 16 to 23 dB.
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